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VOIP GATEWAY DEVICE AND DIGITAL 
ONE-LINK TANDEM EXCHANGE METHOD 

BACKGROUND OF THE INVENTION 

[0001] The present invention relates to a VoIP (Voice over 
IP network) gateway device and a digital one-link tandem 
exchange method which use a voice compression technique 
and packet transmission technique for a transmission line 
between exchanges or PBXs (Private Branch exchanges) 
and, more particularly, to a VoIP (Voice over IP network) 
gateway device and a digital one-link tandem exchange 
method which accommodate a plurality of IP (Internet 
Protocol) transit trunks in a digital exchange through a VoIP 
gateway that is set between the digital exchange and digital 
transit trunk having different transmission bit rates to per 
form high-ef?ciency coding/decoding of digital voice sig 
nals and packet transmission, thereby exchanging digital 
voice signals between these digital transit trunks and other 
digital transit trunks or intra-station extensions. 

[0002] Recently, in a toll dial network using exchanges or 
PBXs, high-ef?ciency voice coding has generally been used 
for transmission lines. Since a deterioration in sound quality 
occurs upon repetition of high-efficiency voice coding and 
decoding, a digital one-link function is realiZed by some 
technique. The digital one-link function is a tandem 
exchange scheme of preventing sound quality from deterio 
ration due to coding/decoding and an increase in circuit 
delay due to a processing delay by transmitting path data 
from a transit trunk exchange using tandem connection as 
coded data. 

[0003] In recent years, with an increase in IP traf?c 
typi?ed by the explosive growth of the Internet, data and 
voice traf?cs have generally been integrated by the IP 
protocol. That is, the application of a VoIP gateway device 
to a PBX transmission line has become popular. 

[0004] Atandem exchange system using a combination of 
a high-ef?ciency voice coder and TDM (Time Division 
Multiplex) for a transmission line has been proposed in 
Japanese Patent Laid-Open No. 10-336332. In this system, 
two high-ef?ciency coders which are accommodated in an 
exchange and oppose each other through a transit path insert 
predetermined sync signals in signals to be output to the 
respective destinations through the exchange. On the receiv 
ing side, upon detection of a sync signal, the coding and 
decoding sections are bypassed to prevent repetition of 
coding/decoding. If this technique is applied to a tandem 
system for performing packet transmission using an IP 
transit trunk, the problem of a delay due to buffering 
performed in a jitter buffer cannot be solved. 

[0005] A conventional toll dial network in which a VoIP 
gateway device is applied to a transmission line has imple 
mented the digital one-link function by IP routing using the 
exchange function of the VoIP gateway device. 

[0006] An in-house telephone exchange system using a 
PBX implements various kinds of additional functions such 
as a PHS (Personal Handy-phone System) roaming function 
which the PBX has and a charging function. To activate 
these functions, the transit trunks in the PBX must be 
connected to each other in a one-to-one correspondence. 
This system corresponds to a conventional system using a 
TDM. In a toll dial network using a VoIP gateway device for 
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a transmission line, in order to realiZe the above connection, 
a digital one-link function must be implemented indepen 
dently of the exchange function (IP routing) of the VoIP 
gateway device. 

[0007] The toll dial network using the VoIP gateway 
device for a transmission line, however, implements the 
digital one-link function by IP routing using the exchange 
function of the VoIP gateway device. For this reason, transit 
trunks in the PBX cannot be connected to each other in a 
one-to-one correspondence, and hence the additional func 
tions of the PBX cannot be used. 

SUMMARY OF THE INVENTION 

[0008] It is an object of the present invention to provide a 
VoIP gateway device and digital one-link tandem exchange 
method which can implement a digital one-link function 
independently of the exchange function of the VoIP gateway 
device even in a case where the VoIP gateway device is 
applied to a transmission line, and realiZe a network in the 
form that allows transit trunks in a PBX to be connected to 
each other in a one-to-one correspondence, thereby allowing 
the use of the additional functions of the PBX. 

[0009] In order to achieve the above object, according to 
the present invention, there is provided a VoIP (Voice over 
IP network) gateway device connected between a digital 
exchange for performing intra- and inter-office tandem 
exchange of a 64-kbps PCM (Pulse Code Modulation) 
digital voice signal and an IP (Internet Protocol) transit 
trunk, comprising identi?cation pattern insertion means for 
inserting an identi?cation pattern of a predetermined bit 
pattern in a receiving signal from the IP transit trunk, and 
sending out the signal to the digital exchange, identi?cation 
pattern detection means for detecting an identi?cation pat 
tern from the receiving signal from the digital exchange, ?rst 
frame conversion means for converting an RTP (Real-time 
Transport Protocol) packet obtained from the IP transit trunk 
into a digital voice signal in a pass through frame format 
having a bit rate of 64 kbps when the identi?cation pattern 
detection means detects an identi?cation pattern, and second 
frame conversion means for converting a digital voice signal 
in the pass through frame format received from the digital 
exchange into an RTP packet when the identi?cation pattern 
detection means detects no identi?cation pattern. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0010] FIG. 1 is a block diagram showing a digital one 
link tandem exchange system according to an embodiment 
of the present invention; 

[0011] FIG. 2 is a block diagram showing a ?rst VoIP 
gateway device in FIG. 1; 

[0012] FIG. 3 is a block diagram showing a second VoIP 
gateway device in FIG. 1; 

[0013] FIG. 4 is a view showing an example of the data 
format of a PCM signal in which an identi?cation pattern 
according to the present invention is inserted; 

[0014] FIG. 5 is a view showing an example of the data 
format of an RTP packet according to the present invention; 
and 

[0015] FIG. 6 is a view showing an example of the data 
format of a pass through frame according to the present 
invention. 
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DESCRIPTION OF THE PREFERRED 
EMBODIMENT 

[0016] The present invention Will be described in detail 
below With reference to the accompanying drawings. 

[0017] FIG. 1 shoWs a tandem exchange system to Which 
a VoIP gateWay device according to an embodiment of the 
present invention is applied. FIG. 1 shoWs only a portion 
associated With a voice signal. The VoIP gateWay device 
according to this embodiment conforms to ITU-T (Interna 
tional Telecommunication Union-Telecommunication stan 
dardiZation sector) H. 323, and uses a high-ef?ciency coding 
scheme conforming to ITU-T G. 729. 

[0018] The tandem exchange system shoWn in FIG. 1 is 
comprised of telephone sets 210 and 510 to 512, an 
exchange 20 to Which the telephone set 210 is connected, 
exchanges 50 to 52 to Which the telephone sets 510 to 512 
are respectively connected, VoIP gateWay devicees (VoIP 
GWs) 10 to 12 connected to the exchange 20, VoIP gateWay 
devicees (VoIP GWs) 40 to 42 respectively connected to the 
exchanges 50 to 52, IP transit trunks 30 to 32 for respec 
tively connecting the VoIP gateWay devicees 10 to 12 to the 
VoIP gateWay devicees 40 to 42. 

[0019] The exchange 20 includes a subscriber circuit 202 
to Which the telephone set 210 is connected and trunks 201, 
203, and 204 to Which the VoIP gateWay devicees 10 to 12 
are respectively connected. The trunk 201 is connected to 
the subscriber circuit 202, and the trunks 203 and 204 are 
connected to each other. The exchanges 50 to 52 respec 
tively have subscriber circuits 501 to Which the telephone 
sets 510 to 512 are connected and trunks 502 to Which the 
VoIP gateWay devicees 40 to 42 are connected. 

[0020] FIG. 2 shoWs the VoIP gateWay device 10. The 
VoIP gateWay devicees 10 to 12 have the same arrangement. 
The VoIP gateWay device 10 includes a voice coding section 
110 Which receives a signal from the exchange 20, a pass 
through frame processing section 111 Which receives a 
signal from the exchange 20, a RTP (Real-time Transport 
Protocol) packet assembly section 112, an identi?cation 
pattern detecting section 109 Which receives a signal from 
the exchange 20, a selection circuit 113 for selecting each of 
outputs from the pass through frame processing section 111 
and RTP packet assembly section 112 in accordance With an 
output from the identi?cation pattern detecting section 109, 
and an IP terminating section 102 Which receives an output 
from the selection circuit 113 and outputs it to the IP transit 
trunk 30, and also receives an output from the IP transit 
trunk 30. 

[0021] The VoIP gateWay device 10 further includes a 
jitter buffer 103 Which receives an output from the IP 
terminating section 102, an RTP packet disassembly section 
101 Which receives an output from the jitter buffer 103, a 
voice decoding section 105 Which receives an output from 
the RTP packet disassembly section 101, a pass through 
frame assembly section 104 Which receives an output from 
the IP terminating section 102, a selection circuit 106 for 
selecting each of outputs from the pass through frame 
assembly section 104 and voice decoding section 105 in 
accordance With an output from the identi?cation pattern 
detecting section 109, an identi?cation pattern generating 
section 107 for generating an identi?cation pattern, and an 
identi?cation pattern inserting section 108 Which receives 
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each of outputs from the selection circuit 106 and identi? 
cation pattern generating section 107 and outputs it to the 
exchange 20. 

[0022] The voice coding section 110 band-compresses a 
64-kbps PCM (Pulse Code Modulation) voice signal S1 by 
code-converting it into an 8-kbps high-ef?ciency coded 
voice signal S5 by CS-ACELP (ITU-T G. 729). The 8-kbps 
high-ef?ciency coded voice signal S5 is output to the RTP 
packet assembly section 112. 

[0023] The RTP packet assembly section 112 assembles 
the 8-kbps high-efficiency coded voice signal S5 from the 
voice coding section 110 into an RTP packet. The assembled 
RTP packet is output to the selection circuit 113. The pass 
through frame processing section 111 removes an invalid 
signal including an identi?cation pattern from a digital voice 
signal S3 in a pass through frame format received from the 
exchange 20 on the basis of the delimiter information of the 
RTP packet Which is contained in the signal, thereby con 
verting the signal into an RTP packet. 

[0024] The identi?cation pattern detecting section 109 
monitors the 64-kbps PCM voice signal S1 received from 
the exchange 20 and the digital voice signal S3 in the pass 
through frame format to detect an identi?cation pattern. If an 
identi?cation pattern is detected, an ON signal is output to 
the selection circuits 113 and 106. If no identi?cation pattern 
is detected, an OFF signal is output to the selection circuits 
113 and 106. 

[0025] The selection circuit 113 outputs a signal from the 
RTP packet assembly section 112 to the IP terminating 
section 102 if an identi?cation pattern detection result signal 
S4 from the identi?cation pattern detecting section 109 is an 
OFF signal. If it is an ON signal, the selection circuit 113 
outputs a signal from the pass through frame processing 
section 111 to the IP terminating section 102. 

[0026] The IP terminating section 102 converts the RTP 
packet into an IP packet and transmits it to the IP transit 
trunk 30. The IP terminating section 102 separates the RTP 
packet from the IP packet received from the IP transit trunk 
30. After the IP terminating section 102 separates the RTP 
packet from the IP packet, the jitter buffer 103 absorbs the 
RTP packet jitter caused in the IP transit trunk 30. 

[0027] The RTP packet disassembly section 101 extracts 
only an 8-kbps high-ef?ciency coded voice signal S5 from 
the RTP packet received through the jitter buffer 103. The 
voice decoding section 105 performs decoding from the 
extracted 8-kbps high-ef?ciency coded voice signal to a 
64-kbps PCM voice signal. 

[0028] The pass through frame assembly section 104 
permutates the RTP packet from the IP terminating section 
102 upon adding RTP packet delimiter information thereto, 
and adds an invalid signal to each free bit, thus converting 
the packet into the digital voice signal S3 in the pass through 
frame format having a bit rate of 64 kbps. 

[0029] If the identi?cation pattern detection result signal 
S4 from the identi?cation pattern detecting section 109 is an 
OFF signal, the selection circuit 106 outputs a signal from 
the voice decoding section 105 to the identi?cation pattern 
inserting section 108. If this signal is an ON signal, the 
selection circuit 106 outputs a signal from the pass through 
frame assembly section 104 to the identi?cation pattern 
inserting section 108. 
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[0030] The identi?cation pattern generating section 107 
generates m-sequence data having a speci?c bit length as an 
identi?cation signal for detecting Whether the exchange 20 
has performed tandem operation. The identi?cation pattern 
inserting section 108 inserts the identi?cation pattern of the 
bit pattern output from the identi?cation pattern generating 
section 107 in the output signal from the selection circuit 
106, and sends out the resultant signal to the exchange 20. 

[0031] As described above, the exchange 20 accommo 
dates the telephone set 210 through the subscriber circuit 
202. The exchange 20 also accommodates the IP transit 
trunks 30 to 32 connected to the VoIP gateWay devicees 10 
to 12 through the trunks 201, 203, and 204. The exchange 20 
uses these components to perform exchange processing for 
64-kbps digital voice signals. 

[0032] The IP transit trunks 30 to 32 transmit 8-kbps 
high-ef?ciency coded voice signals as IP packets. Such 
signals can be multiplexed With signals from other VoIP 
gateWay devicees (not shoWn) by an IP router (not shoWn). 
The other end of each of the IP transit trunks 30 to 32 is 
connected to a corresponding one of the telephone sets 510 
to 512 through a corresponding one of the VoIP gateWay 
devicees 40 to 42 and a corresponding one of the exchanges 
50 to 52 for converting signals into 64-kbps PCM voice 
signals. 
[0033] As shoWn in FIG. 3, the VoIP gateWay device 40 
is comprised of some elements of the VoIP gateWay device 
10, i.e., the voice coding section 110, RTP packet assembly 
section 112, IP terminating section 102, jitter buffer 103, 
RTP packet disassembly section 101, and voice decoding 
section 105. The VoIP gateWay devicees 40 to 42 have the 
same arrangement. 

[0034] By letting the VoIP gateWay devicees 40 to 42 on 
the other end side have the same arrangement as that of the 
VoIP gateWay device 10, tandem operation can further be 
performed With respect to other exchanges through the 
exchanges 50 to 52. 

[0035] The operation of the tandem exchange system 
having the above arrangement Will be described next. A 
general VoIP gateWay device implements a digital one-link 
function by IP routing using the exchange function. The 
VoIP gateWay device according to the present invention has 
no exchange function and alloW trunks in the exchange to be 
connected to each other in a one-to-one correspondence. In 
the tandem exchange system shoWn in FIG. 1, therefore, 
only exchanges perform exchange operation. 

[0036] Transmission/reception of voice information 
betWeen voice terminals 210 and 510 formed by telephone 
sets Will be described ?rst. The exchange 20 receives 
connection information such as a dial signal through a signal 
receiver (not shoWn). If this connection information requests 
connection betWeen the voice terminal 210 of the intra-office 
extension and the transit trunk 30, the subscriber circuit 202 
is connected to the trunk 201. 

[0037] The VoIP gateWay device 10 receives the 64-kbps 
PCM voice signal S1 from the subscriber circuit 202. Since 
the identi?cation pattern detecting section 109 detects no 
identi?cation pattern, the identi?cation pattern detection 
result signal S4 output to the selection circuits 113 and 106 
remains OFF. While the identi?cation pattern detection 
result signal S4 is OFF, the selection circuits 113 and 106 
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respectively select outputs from the RTP packet assembly 
section 112 and voice decoding section 105. 

[0038] For the 64-kbps PCM voice signal S1 to be output 
to the exchange 20, the identi?cation pattern inserting sec 
tion 108 replaces one least signi?cant bit (LSB) of PCM 
coded data With an indication pattern of a predetermined bit 
pattern (bit steal) for every six samples. As the bit pattern of 
this identi?cation patter, an “m”-sequence pattern is used. 
FIG. 4 shoWs the data format of a PCM voice signal in 
Which this identi?cation pattern is inserted. Referring to 
FIG. 4, a identi?cation pattern C is inserted for every six 
samples. Note that the identi?cation pattern detecting sec 
tion 109 has backWard alignment guard time steps long 
enough to prevent a synchronous detection error. Only 
several forWard alignment guard time steps or less are 
required because almost no circuit error occurs. 

[0039] The PCM voice signal S1 having sync signals 
inserted and output from the VoIP gateWay device 10 is 
output as voice from the voice terminal 210 through the 
subscriber circuit 202. Since the insertion frequency of sync 
signals is loW, and the least signi?cant bit of the PCM code 
is simply replaced, the above operation has almost no 
in?uence on the quality of the output voice. As described 
above, transmission/reception of voice information betWeen 
the voice terminals 210 and 510 is performed by using the 
transmission systems constituted by the voice coding sec 
tions 110 and RTP packet assembly sections 112 of the VoIP 
gateWay devicees 10 and 40 and the reception systems 
constituted by the jitter buffers 103, RTP packet disassembly 
sections 101, and voice decoding sections 105. 

[0040] Transmission/reception of voice information 
betWeen the voice terminals 511 and 512 Will be described 
next. The exchange 20 receives connection information such 
as a dial signal through the signal receiver (not shoWn). If 
this connection information is connection information 
requesting tandem operation betWeen the IP transit trunks 31 
and 32, the trunks 203 and 204 are connected to each other. 

[0041] In the initial state, the identi?cation pattern insert 
ing sections 108 of the VoIP gateWay devicees 11 and 12 
insert the identi?cation patterns generated by the identi?ca 
tion pattern generating sections 107 in 64-kbps PCM voice 
signals received through the jitter buffers 103, the RTP 
packet disassembly sections 101, and voice decoding sec 
tions 105, and output the resultant signals to the exchange 
20. These signals transparently pass through the exchange 
20 to be input to the identi?cation pattern detecting sections 
109 of the VoIP gateWay devicees 11 and 12. 

[0042] Each identi?cation pattern detecting section 109 
detects an identi?cation pattern from the input signal, and 
outputs the identi?cation pattern detection result signal (ON 
signal) S4 to the selection circuits 113 and 106. Since the 
detection result signal S4 is an ON signal, the selection 
circuits 113 and 106 respectively sWitch to the output sides 
of the pass through frame processing section 111 and pass 
through frame assembly section 104. 

[0043] The IP terminating sections 102 separate RTP 
packets from the IP packets received from the IP transit 
trunks 31 and 32. FIG. 5 shoWs an example of the data 
format of this RTP packet. Each pass through frame assem 
bly section 104 converts the RTP packet input from the IP 
terminating section 102 into a pass through frame. FIG. 6 
shoWs an example of the format of this pass through frame. 
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[0044] Referring to FIG. 6, this pass through frame is 
obtained by mapping an RTP packet in BIT 7 to BIT 2 (6 
bits) in the 64-kbps voice signal and ?lling each portion 
having no packet data With “1”. BIT#1 (1 bit) is used as a 
control signal representing a delimiter of the pass through 
frame. In this case, “0” indicates the presence of packet data, 
and “1” indicates the absence of packet data. BIT#0 (1 bit) 
for the identi?cation pattern C is ?xed to “1” in an output 
from each pass through frame assembly section 104. 

[0045] The identi?cation pattern inserting section 108 
inserts an identi?cation pattern in BIT#0 of the pass through 
frame and outputs the resultant signal as a 64-kbps pseudo 
voice signal S3 to the exchange 20. The 64-kbps pseudo 
voice signals S3 output from the VoIP gateWay devicees 11 
and 12 transparently pass through the exchange 20 to be 
input to the opposite sides. 

[0046] Each pass through frame processing section 111 
monitors BIT#1 from the 64-kbps pseudo-voice signal S3 
received from the exchange 20, and picks up a prescribed 
number of BITs from BIT#7 to BIT#2 on the basis of 
BYTEs Which have changed from “1” to “0”, thereby 
converting them into an RTP packet. 

[0047] As described above, When the exchange 20 serves 
as a tandem exchange, the voice coding sections 110, RTP 
packet assembly sections 112, voice decoding sections 105, 
RTP packet disassembly sections 101, and jitter buffers 103 
of the VoIP gateWay devicees 11 and 12 are bypassed. In 
transmitting/receiving voice information betWeen the voice 
terminals 511 and 512, voice coding/decoding and buffering 
by each jitter buffer need to be performed only once. This 
makes it possible to suppress an increase in delay Without 
causing any deterioration in voice quality. 

[0048] After the speech communication is over, silent 
PCM voice signals are input to the VoIP gateWay devicees 
11 and 12 to release the transit path betWeen the trunks 203 
and 204. Each identi?cation pattern detecting section 109 
stops detecting an identi?cation pattern, and each of the 
selection circuits 106 and 113 returns to its initial state (FIG. 

4). 
[0049] Note that the above embodiment is merely an 
example of the preferred embodiment of the present inven 
tion. The present invention is not limited to this and can be 
variously modi?ed Within the spirit and scope of the inven 
tion. 

[0050] As has been described above, according to the 
present invention, in performing transmission/reception of 
voice information betWeen voice terminals that demand 
tandem operation of an exchange, high-ef?ciency voice 
coding and decoding need to be performed only once, 
thereby eliminating a deterioration in voice quality. 

[0051] In addition, since the jitter buffer at a tandem 
portion is bypassed, buffering by the jitter buffer Which is 
indispensable to packet transmission needs to be performed 
only once. This makes it possible to suppress an increase in 
delay Which seriously affects the voice quality. 

What is claimed is: 

1. A VoIP (Voice over IP netWork) gateWay device con 
nected betWeen a digital exchange for performing intra- and 
inter-of?ce tandem exchange of a 64-kbps PCM (Pulse Code 
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Modulation) digital voice signal and an IP (Internet Proto 
col) transit trunk, comprising: 

identi?cation pattern insertion means for inserting an 
identi?cation pattern of a predetermined bit pattern in 
a receiving signal from the IP transit trunk, and sending 
out the signal to the digital exchange; 

identi?cation pattern detection means for detecting an 
identi?cation pattern from the receiving signal from the 
digital exchange; 

?rst frame conversion means for converting an RTP 
(Real-time Transport Protocol) packet obtained from 
the IP transit trunk into a digital voice signal in a pass 
through frame format having a bit rate of 64 kbps When 
said identi?cation pattern detection means detects an 
identi?cation pattern; and 

second frame conversion means for converting a digital 
voice signal in the pass through frame format received 
from the digital exchange into an RTP packet When said 
identi?cation pattern detection means detects no iden 
ti?cation pattern. 

2. A device according to claim 1, further comprising: 

coding means for performing code conversion of a 
64-kbps PCM digital voice signal received from the 
digital exchange, in accordance With a high-ef?ciency 
coding rule With a loW bit rate When said identi?cation 
pattern detection means detects no identi?cation pat 

tern; 

RTP packet assembly means for assembling an output 
signal from said coding means into an RTP packet; 

IP terminating means for converting the RTP packet 
output from said RTP packet assembly means into an IP 
packet, sending out the packet to the IP transit trunk, 
and converting an IP packet received from the IP transit 
trunk into an RTP packet; 

jitter buffer means for absorbing jitter in an RTP packet 
Which is caused in the IP transit trunk; 

RTP packet disassembly means for disassembling a coded 
voice signal from the RTP packet output from said jitter 
buffer means; and 

decoding means for performing decoding of the voice 
signal output from said RTP packet disassembly means 
and outputting the signal as a 64-kbps PCM digital 
voice signal. 

3. A device according to claim 1, further comprising: 

?rst selection means for selecting one of the digital voice 
signal in the pass through frame format output from 
said ?rst frame conversion means and the 64-kbps 
PCM digital voice signal output from said decoding 
means, and outputting the selected signal to said iden 
ti?cation pattern insertion means; and 

second selection means for selecting one of the RTP 
packet output from said second frame conversion 
means and the RTP packet output from said RTP packet 
assembly means, and outputting the selected signal to 
said IF terminating means. 

4. A device according to claim 3, Wherein When said 
identi?cation pattern detection means detects an identi?ca 
tion pattern, said ?rst selection means selects the digital 
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voice signal in the pass through frame format output from 
said ?rst frame conversion means, and said second selection 
means selects the RTP packet output from said second frame 
conversion means, and 

When said identi?cation pattern detection means detects 
no identi?cation pattern, said ?rst selection means 
selects the 64-kbps PCM digital voice signal output 
from said decoding means, and said second selection 
means selects the RTP packet output from said RTP 
packet assembly means. 

5. A device according to claim 1, Wherein a pass through 
frame comprises an RTP packet, delimiter information of the 
RTP packet, and an identi?cation pattern. 

6. Adevice according to claim 5, Wherein the pass through 
frame comprises a 6-bit RTP packet, 1-bit delimiter infor 
mation, and a 1-bit identi?cation pattern, Which form 8 bits 
for one cycle. 

7. A device according to claim 6, Wherein said ?rst frame 
conversion means permutates an RTP packet for every six 
bits, and performs a conversion to a voice signal by adding 
an invalid signal to each free bit produced upon permutation 
and then adding delimiter information to the signal. 

8. A device according to claim 7, Wherein said second 
frame conversion means performs a conversion of the digital 
voice signal to an RTP packet by removing an identi?cation 
pattern and an invalid signal on the basis of RTP packet 
delimiter information Which is contained in the digital voice 
signal. 

9. A device according to claim 1, Wherein said identi? 
cation pattern insertion means assigns an identi?cation pat 
tern to an LSB of a 64-kbps PCM signal. 

10. Adevice according to claim 9, Wherein said ?rst frame 
conversion means assigns RTP packet delimiter information 
to a speci?c bit other than an LSB of a pass through frame. 

11. A digital one-link tandem exchange method in a 
system including a digital exchange for performing intra 
and inter-office tandem exchange of a 64-kbps PCM (Pulse 
Code Modulation) digital voice signal, a VoIP (Voice over IP 
network) gateWay device for transmitting a signal upon 
converting the signal into an IP (Internet Protocol) packet, 
and an IP transit trunk, comprising the steps of: 

determining Whether connection information received 
through the exchange is addressed to an intra-office or 
tandem request information; 

if the connection information is tandem request informa 
tion, inserting an identi?cation pattern of a predeter 
mined bit pattern in a receiving signal from the IP 
transit trunk and sending out the signal to the digital 
exchange; 

tandeming the sent signal having the identi?cation pattern 
inserted therein to a predetermined VoIP gateWay 
device; 

detecting an identi?cation pattern by monitoring a tan 
demed signal; 

When an identi?cation pattern is detected, converting an 
RTP (Real-time Transport Protocol) packet converted 
from a reception IP packet from the IP transit trunk into 
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a digital voice signal in a pass through frame format 
having a bit rate of 64 kbps; 

sending out the converted digital voice signal in the pass 
through frame format to the digital exchange; 

converting the digital voice signal in the pass through 
frame format tandemed from the digital exchange into 
an RTP packet; and 

converting the converted RTP packet into an IP packet and 
sending out the packet to the IP transit trunk. 

12. A method according to claim 12, further comprising 
the steps of: 

When the connection information is a connection request 
for the intra-of?ce, performing code conversion of the 
64-kbps PCM digital voice signal received from the 
digital exchange according to a high-ef?ciency coding 
rule With a loW bit rate; 

assembling the coded voice signal into an RTP packet; 

converting the assembled RTP packet into an IP packet 
and sending out the packet to the IP transit trunk; 

performing buffering to absorb jitter of the RTP packet 
Which is caused in the IP transit trunk; 

disassembling a coded voice signal from the RTP packet 
having undergone buffering; 

performing decoding of the disassembled voice signal and 
outputting the signal as a 64-kbps PCM digital voice 
signal; and 

sending out the decoded 64-kbps PCM digital voice signal 
to the digital exchange. 

13. A method according to claim 12, Wherein a pass 
through frame comprises an RTP packet, delimiter informa 
tion of the RTP packet, and an identi?cation pattern. 

14. A method according to claim 13, Wherein the pass 
through frame comprises a 6-bit RTP packet, 1-bit delimiter 
information, and a 1-bit identi?cation pattern, Which form 8 
bits for one cycle. 

15. A method according to claim 14, Wherein the step of 
converting the signal into the digital voice signal comprises 
the step of permutating an RTP packet for every six bits, and 
performing a conversion to a voice signal by adding an 
invalid signal to each free bit produced upon permutation 
and then adding delimiter information to the signal. 

16. A method according to claim 15, Wherein the step of 
converting the signal into the RTP packet comprises the step 
of performing a conversion to an RTP packet by removing 
an identi?cation pattern and an invalid signal on the basis of 
RTP packet delimiter information. 

17. A method according to claim 11, Wherein the step of 
inserting the identi?cation pattern comprises the step of 
assigning an identi?cation pattern to an LSB of a 64-kbps 
PCM signal. 

18. A method according to claim 17, Wherein the step of 
converting the signal into the digital voice signal comprises 
the step of assigning RTP packet delimiter information to a 
speci?c bit other than an LSB of a pass through frame. 

* * * * * 


